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EQUALISER FOR WIRELESS RECEIVERS
WITH NORMALISED COEFFICIENTS

CROSS-REFERENCE TO RELATED
APPLICATION

This application is the National Stage of, and therefore
claims the benefit of, International Application No. PCT/
EP2011/051163 filed on Jan. 27, 2011, entitled “AN EQUA-
LISER FOR WIRELESS RECEIVERS WITH NORMA-
LISED COEFFICIENTS,” which was published in English
under International Publication Number WO 2011/092256
Al on Aug. 4, 2011, and has a priority date of Jan. 29, 2010,
based on application GB 1001488.4, Both of the above appli-
cations are commonly assigned with this National Stage
application and are incorporated herein by reference in their
entirety.

The invention relates to an equaliser for a wireless receiver,
particularly but not exclusively to a Least-Squares (LS) equa-
liser or any other equaliser algorithm which uses the correla-
tion between the received signal and a transmitted data
sequence.

Channel equalisation techniques have been widely
employed over the last decades for combating intersymbol
interference on frequency selective transmission channels.
Channel equalisers have recently found application in receiv-
ers for Time-Division Multiple Access (TDMA) and Code-
Division Multiple Access (CDMA) mobile wireless systems.
In particular, in synchronous CDMA cellular systems, as in
the case of the forward link of the 3GPP Wideband Code-
Division Multiple Access (WCDMA) standard, chip-level
equalisation allows to significantly improve the performance
of conventional rake receivers. This improvement is espe-
cially important for high rate data transmission, as in 3GPP
High-Speed Downlink Packet Access (HSDPA).

Chip-level equalisers for HSDPA receivers are typically
linear equalisers based on a transversal filter structure, for
both the cases of single-channel and multiple antenna recep-
tion. The calculation of the chip-level equaliser coefficients
may be based on the Minimum Mean-Square Error (MMSE)
criterion or on the Least-Squares (LS) criterion, implemented
either by an adaptation rule or by block processing. For most
conditions, linear equalisers provide a good trade-off
between performance and computational complexity, but
their operation is seriously limited in the presence of specific
channel conditions. The performance of single-channel and
receive diversity equalisation may be improved by a nonlin-
ear equaliser structure, as, e.g., with decision-feedback
equalisation. However, in the case of an HSDPA receiver, the
implementation of a decision-feedback equaliser requires a
significant additional cost.

With respect to the calculation of the equaliser coefficients,
the conventional MMSE criterion has the disadvantage of
relying on specific assumptions on the statistics of the input
disturbance (noise-plus-interference). In this respect, a more
robust approach may be provided by computing the equaliser
coefficients based on the minimization of the LS cost. LS
equalisers can be implemented either in the time domain or in
the frequency domain. In a frequency-domain implementa-
tion, the equaliser input signal is converted to the frequency
domain by a Discrete Fourier Transtorm (DFT), which can be
efficiently implemented by means of the Fast Fourier Trans-
form (FFT). In this case, both the calculation of the equaliser
coefficients and the derivation of the equaliser output samples
are performed in the frequency domain, and the equaliser
output is then converted back to the time domain by means of
Inverse FFT (IFFT).
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Differently from the MMSE equaliser, which minimizes
the statistical expectation of the squared error, and hence
relies on ensemble averages, the LS equaliser coefficients are
obtained from short-term (sample) averages, without any
assumption on the statistics of the noise-plus-interference.

Conventional LS equalisers rely on the knowledge of the
transmitted data sequence over a given observation interval.
More specifically, in a conventional LS equaliser the calcu-
lations of the LS equaliser coefficients uses the knowledge of
the transmitted data {d,},_,*'. In the case of a CDMA
system, this would require the knowledge of the composite
transmitted chip sequence. However, the known pilot sym-
bols are code multiplexed with the data and control channels,
and therefore at any given time the receiver has knowledge of
only a portion of the equaliser input signal.

It is an aim of the present invention to provide an LS
equaliser which is effective for a CDMA receiver.

The invention provides a method of equalising a radio
signal comprising a sequence of data samples multiplexed
with a sequence of pilot samples, the method comprising:

calculating equaliser coefficients by computing cross-cor-

relations of the received signal and known pilot samples
available at the receiver and autocorrelations of the
received signal; and

equalising the received signal using the calculated coeffi-

cients.

The invention further provides a method of processing a
radio signal transmitted over a data channel in a wireless
communication system and comprising a composite trans-
mitted chip sequence of data samples multiplexed with pilot
samples, the method comprising equalising the received sig-
nal using equaliser coefficients calculated by computing
cross-correlations of the received signal and known pilot
samples available at the receiver and auto-correlations of the
received signal;

The invention further provides an equaliser for equalising
a radio signal comprising a sequence of data samples multi-
plexed with a sequence of pilot samples, the equaliser com-
prising:

means for receiving a sequence of known pilot samples and

calculating equaliser coefficients by computing cross-
correlations of the received signal and known pilot
samples available at the receiver and auto-correlations
of the received signal; and

means for equalising the received signal using the calcu-

lated coefficients.

The invention further provides a radio receiver comprising
a wireless interface operable to receive a radio signal trans-
mitted over a data channel in a wireless communication sys-
tem, the data channel comprising a composite transmitted
chip sequence of data samples multiplexed with pilot
samples; and

an equaliser operable to equalise the received signal using

equaliser coefficients calculated by computing cross-
correlations of the received signal and known pilot
samples available at the receiver and auto-correlations
of the received signal

The invention further provides a computer program prod-
uct comprising program code means which when executed by
a processor implement a method as defined above.

The pilot samples available at the receiver can be derived in
anumber of ways. They can be stored at the receiver as known
pilot symbols from which the samples are generated, or can
be stored as samples. Alternatively, they can be derived from
the transmitted pilot channel in a manner known per se.
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The cross correlations and autocorrelations can be com-
bined to generate the equaliser coefficients in the frequency or
time domain, e.g., in accordance with a LS algorithm.

Embodiments of the present invention provide a solution
for Least-Squares (L.S) equalisation for a Code Division Mul-
tiple Access (CDMA) system, based on the component of the
equaliser input signal corresponding to known code multi-
plexed pilot symbols. Particularly, but not exclusively, the
invention applies to equalisation and interference rejection
for the 3GPP Wideband Code-Division Multiple Access
(WCDMA)/High-Speed Downlink Packet Access (HSDPA)
standard. Preferred embodiments also address the implemen-
tation issues related to the overall scaling of the proposed LS
equaliser.

For a better understanding of the present invention and to
show how the same may be carried into effect, reference will
now be made by way of example to the accompanying draw-
ings in which:

FIG. 1 is a block diagram of a LS equaliser in accordance
with an embodiment of the invention for the case of dual
antenna receive diversity, or any equivalent situation
corresponding to two received signal subchannels,
including the case where the subchannels are obtained
by means of oversampling, including the case where the
calculation of the equaliser coefficients is performed in
the frequency domain; and

FIG. 2 is a schematic block diagram illustrating an equal-
iser with coefficient scaling for the case where the cal-
culation of the equaliser coefficients is performed in the
frequency domain.

Before describing embodiments of the present invention,
there is described by way of background relevant operation of
a CDMA system and an LS equaliser. It will be appreciated
that while implementing means are described and illustrated
herein as functional blocks, they could in practice, be imple-
mented in any suitable manner, including hardware or soft-
ware. In the latter case, the various implementing means are
code sequences stored in a memory and executable on a
processor.

Consider the downlink transmission of a synchronous
CDMA system, and assume the received discrete-time signal
model

Xi = Z dnhi—nM + n; (1)

where x,~x(iT /M) are the received signal samples taken at
rate T /M, with T denoting the chip interval and M the over-
sampling ratio, h=h(IT /M) are the rate T /M samples of the
complex equivalent channel impulse response, which is
assumed stationary for the time interval of interest, d, repre-
sents the complex multiuser transmitted chip sequence, and
n,=n(iT /M) is a complex additive disturbance, which models
thermal noise and intercell interference.

In the model (1), the channel impulse response includes the
effect of the transmit and receive equivalent filters, which in
the case of a WCDMA receiver are assumed root raised
cosine filters with roll-off 0.22. The noise-plus-interference
samples n, are assumed to derive from a process v=v(iT /M),
filtered by a low-pass filter with impulse response g~g(IT /
M) representing the equivalent receive filter. No assumption
is made on the statistics of the additive noise-plus interference
process v,. In particular, v, is not necessarily white and is not
assumed to be Gaussian.
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The oversampled sequence x, can be decomposed into M
chip rate subsequences relative to M distinct subchannels. In
vector notation, we define for the k-th chip interval

_ T
xk(m)*[merx(kn)Mm- o XerN— Dl

@

where (+)7 indicates vector transpose.

In the case of time-domain block linear equalization,
denoting by w,™ the N-dimensional vector of the equaliser
coefficients relative to the m-th subchannel, the equaliser
output at time k can then be written as

N1

o7 0 MoDT (M1

Yi = y(kTe) = Z wioy = WA DT VD,
=

®

Define the MNx1 vectors w,=[w, 7. . . w,* D77 and
x, =7 x, P77 With this notation, the output of the
chip-level channel equaliser results

Q)

T
Y Wi X

Note that the above model of a fractionally equaliser with
T /M spaced coefficients also applies when all or some of the
M chip rate subchannels correspond to the signal samples
obtained from multiple receive antennas.

Consider now the residual disturbance at the equaliser
output, given by the error signal

®

&=V~

Assume the knowledge of the transmitted data sequence
{d, },_s5" or the calculation of the equaliser weights w. In
this case, introducing the vectors y=[yn_; . . . Vx_.15
d=[d,._, ...d._,]"and e=y-d=[e,,_, . ..ex_,]%, we can write
in compact form

y=AW (6)

with the (K-N+1)xMN matrix A=[X,,_, . .. Xx_,]%. The con-
ventional training-based linear LS algorithm minimizes the
cost

%)
T =lelF = > lef?

k=N-1

over the training interval. From equation (7) we have
JwW)=wHAH Aw-2Re[w” AHd]+d”d, where (+)” denotes Her-
mitian transpose, and, provided that A is full rank, one obtains
the LS solution

Wiopy = argmind (w) = R~ p, ®
where
1 1 -1 )
R= AfA = iy
K-N+1 KN+l 2

k=N-1

is the time-averaged correlation matrix of the equaliser input,
and
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xdk

e e o el o 1v+1:ZN:1

k

is the time-averaged cross-correlation vector between the
equaliser input and the transmitted data.

For M=2 chip-rate subchannels, e.g., in the case of dual
antenna receive diversity, (8) derives from the equations

an

(0) (0 0) (1) (l 0)
=

(12

(0) (0 1) (l) (1 1)
S S

where
1 K-1 (13)
(0,0) _ (0) (O
i N X Xt
T K-N+ 1/(:21\/:1
1 K-1 (14)
ALD _ (1) (19
T KNl £ e
k=N—1
1 K-1 (15)
(0 b _ (0) (I
TRoN+1 L e
k=N—1
ALO _ (00 (16
1 K-1 (17
0 _ (0«
P Z Xy
TK-N+ 1/(:/\/71
1 K-1 (18)
(1) _ (L)«
pi K_N+1k;ldkxk—l

For a frequency-domain LS equaliser, denote by W,
k=0, ..., Ny—1, the DFT of the equaliser coefficients w,
m=0, 1, by R, k=0, . . ., Ny-1, the DFT of the time-
averaged auto-correlation of the received signal 1,7, m,,
m,=0, 1, and by P, k=0, Ny-1, the DFT of the time-
averaged cross-correlation between the received signal and
the transmitted data p,"”, m=0, 1. Then, from (11), (12),
taking into account that r,* P=r_©-P= R ¢:O=R, 1",

WIEO)RI((O,O) + WlinR,((o,m _ P;(O) (19)
W(O)R(Ol) + W(I)R(l 1 _ P(O) (20
and
0) p(L,1) 1) (0,1
wo = Pﬁ Ry —P;< Ry )
=
RI((O,O)R;(I,I) _ |R,((0'”|2
o IR PO R @)
k= .
RI((O,O)R,((I,I) _ |R/(<0'1)|2

In the case of M=1 chip-rate subchannel, (11)-(22) sim-
plify to

10

15

20

25

30

35

40

45

50

55

60

65

N-1 23
Z Wiki-i = Pt
i=0
E (0) (0) @4
ry = X %
K-N+1 S
(25)

1
d ()
Pr=x= N+1Z et

and, denoting by W, R, and P, k=0, . . ., N;-1, respectively
the DFT of the equaliser coefficients w,, of the time-averaged
auto-correlation r,, and of the time-averaged cross-correlation

P

WiR=Py (26)
which gives
_ PR 27
W, = R_k

As mentioned above, the operations of DFT and inverse
DET can be efficiently implemented by means of Ng-point
Fast Fourier Transform (FFT) and Inverse Fast Fourier Trans-
form (IFFT).

As already mentioned, the composite multiuser transmit-
ted chip sequence in a CDMA system does not lend itself to
application in an LS equaliser, because at any given time the
receiver knows only a portion of the input signal, since the
known pilot symbols are code multiplexed with the data and
control channels.

Each cell in a wideband CDMA system transmits a special
constant power downlink channel known as the common pilot
channel (CPICH) on a fixed OVSF code (as discussed for
example in the 3GPP specification TS 25.211, “Technical
Specification Group Radio Access Network; Physical Chan-
nels and Mapping of Transport Channels onto Physical Chan-
nels (FDD)”, December 2005). The CPICH is transmitted
with a fixed, predetermined data pattern and has known uses
for channel estimation and signal-to-interference ratio (SIR)
estimation. Here, it is used for another purpose.

The pilot channel is associated with the data channel in the
sense that it is transmitted through the same wireless environ-
ment at substantially the same time.

The proposed solution allows the implementation of LS
equalization for a CDMA receiver, where the known pilot
symbols are code multiplexed with the data and control chan-
nels. It will now be described with reference to FIG. 1.

Consider the case of a 3GPP WCDMA/HSDPA downlink
receiver, where a Common Pilot Channel (CPICH) is trans-
mitted with an offset 1 p;-,~CPICH E /I . with respect to
the total downlink transmitted power spectral density [ ,, and
denote by I, the noise plus inter-cell interference power
spectral density at the mobile terminal or User Equipment
(UE) receiver.

There is described herein a LS equaliser function 4 com-
prising calculating means 8 for calculating equaliser coeffi-
cients. Although in FIG. 1 the block 8 is shown to produce
frequency-domain equaliser coefficients {W,”},_.57', the
description also applies to the case where the block 8 pro-
duces time-domain equaliser coefficients {w,”}, ;'

In the calculating means block 8 of FIG. 1, where the
time-averaged cross-correlation vector of equation (10) or the
time-averaged cross-correlation components of equations
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(17), (18) or (25), or their corresponding frequency-domain
quantities, are computed using the CPICH chip sequence
{(?1,{},‘7:0“1 instead of the overall composite chip sequence
{detieo™ " with B{Idi*} M cpperr BUAR oML epregs Ly In
this case, referring for instance to the frequency-domain LS
equaliser implementation for the case of M=1 chip-rate sub-
channel, (25) becomes

K (28)

1 .
— (O
A gy 1kZ:Ndkxk*”

and the corresponding DFT P, is scaled proportionally to
\/nCPICHIor

Pk“\/’f] crrcelo Bl 29)

The time-averaged auto-correlation components for calcu-
lation of the equaliser coefficients are computed as described
above with reference to Equations (9), (13)-(16) or (24).

The equaliser coefficients combine the cross-correlations
and autocorrelations as described above, using the novel
cross-correlation computation, as expressed for M=1 sub-
channel by Equation (28), in the calculating means 8.

Considering that the DFT R, of the time-averaged signal
correlation r, is scaled as the total received signal plus inter-
ference power I, /H,@1>+I _=I_+1 ., we have for the fre-
quency domain equaliser coefficients (27)

HO (30)
Wi e Vepic lor - ——F—-
Torl H'1™ + Loc
. . 012
Since the equaliser input scales as \/IO,IHk( Y1241, the total

power at the equaliser output is then proportional to

2
ol H{| Gh

2
8 =MCPICH T —— 55—
Lo H 'l + loc

The equalising means are shown implemented in the block
10. FIG. 1 represents a frequency-domain equaliser with M=2
chip-rate subchannels, or in general an equaliser where the
calculation of the equaliser coefficients is performed in the
frequency domain. However, as already mentioned, the same
block diagram also applies to the case of a time-domain
equalizer with M=2 chip-rate subchannels. It will be appre-
ciated that the invention also applies where M=1.

One issue that can arise with the above implementations
using the CPICH chip sequence {d, },_,5~" is that the equal-
iser output amplitude is not as well conditioned as in the case
where the equaliser design were to be based on the knowledge
of the whole transmitted data sequence {d,},_,~"; over the
given observation interval. The scaling 1 ¢z in (31) is not
only unknown at the receiver, but is also potentially subject to
abrupt changes, caused by short-term variations of the trans-
mitted signal power spectral density I, which translate
directly into corresponding changes of Mcp;e=CPICH
EJ/L,,.

The effect of the above variations of the equaliser output
power may be particularly detrimental if these happen to
interact with the filtering operations for the estimation of the
signal and interference power at the equaliser output, which
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in an HSDPA receiver are essential for Log Likelihood Ratios
(LLR) calculation and Channel Quality Indications (COI)
report.

One possible solution shown in FIG. 2 is to realize a scaling
of the equaliser coefficients that does not depend on the
quantity Mepreg- In the case of calculation of the equaliser
coefficients in the frequency domain, this can be done by
normalizing the coefficients (30), for instance based on a
quantity

W=F(Wo, (32)
where f(W,) is a function of the frequency-domain equaliser
coeflicients W;, k=0, . . . , Ny—1. For instance, one may
consider

33)

1 K
F o = E;W

and compute the normalized frequency-domain equaliser
coefficients as

(B4

1
W = —W,.
W

Using (32)-(34), the total power at the equaliser output
results proportional to

g2~ | H PP+, (35)

Alternatively, one may normalize the equaliser coefficients
(30) based on a quantity

W=f(W,,Py), (36)

where f(W,,P,) is a function of the frequency domain coef-
ficients W, and the DFT of time-averaged cross-correlation
P, k=0, ... N1

The scaling/normalising function is denoted 6a, 65 in F1G.
2.

The above description refers as a way of example to the
case of calculation of the LS equaliser coefficients in the
frequency domain. However, an analogous approach may be
correspondingly implemented in the conventional case where
the LS equaliser coefficients are calculated in the time
domain.

The invention claimed is:

1. A computer program product comprising program code
stored on a non-transitory computer readable medium which,
when executed by a processor, implements a method of equal-
ising a radio signal at a receiver, the method comprising:

calculating Least Square (LS) equaliser coefficients by

computing cross-correlations of a received signal and
known pilot samples stored at the receiver and auto-
correlations of the received signal;

normalizing the calculated LS equaliser coefficients; and

equalising the received signal using the normalized LS

equaliser coefficients;

wherein said radio signal includes a sequence of data

samples multiplexed with a sequence of pilot samples.

2. A computer program product comprising program code
stored on a non-transitory computer readable medium which,
when executed by a processor, implements a method of pro-
cessing a radio signal transmitted over a data channel in a
wireless communication system at a receiver, the method
comprising:
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equalising a received signal using equaliser coefficients
calculated by computing cross-correlations of the
received signal and known pilot samples stored at the
receiver and auto-correlations of the received signal;

wherein the data channel includes a composite transmitted
chip sequence of data samples multiplexed with pilot
samples.

3. A computer program product according to claim 1,
wherein the LS equaliser coefficients are calculated by com-
bining the cross-correlations and the auto-correlations to
implement a LS algorithm.

4. A computer program product according to claim 1,
wherein the calculated LS equaliser coefficients are normal-
ized based on a function of the LS equaliser coefficients.

5. A computer program product according to claim 1,
wherein the known pilot samples are stored at the receiver as
known pilot symbols from which the known pilot samples are
generated.

6. An equaliser for equalising a radio signal at a receiver,
the equaliser comprising:

means for receiving a sequence of known pilot samples and

calculating equaliser coefficients by computing cross-
correlations of a received signal and known pilot
samples stored at the receiver and auto-correlations of
the received signal, the radio signal including a sequence
of data samples multiplexed with a sequence of pilot
samples; and

means for equalising the received signal using the equaliser

coefficients.

7. An equaliser according to claim 6, wherein the equaliser
coefficients are calculated combining the cross-correlations
and the auto-correlations to implement a Least Squares (LS)
algorithm.

8. An equaliser according to claim 6, which comprises
normalising means for normalising the equaliser coefficients
prior to using the equaliser coefficients to equalise the
received signal.

9. A radio receiver comprising:

awireless interface operable to receive a radio signal trans-

mitted over a data channel in a wireless communication
system, the data channel comprising a composite trans-
mitted chip sequence of data samples multiplexed with
pilot samples; and

an equaliser operable to equalise a received signal using

equaliser coefficients calculated by computing cross-
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correlations of the received signal and known pilot
samples stored at the receiver and auto-correlations of
the received signal.

10. A radio receiver according to claim 9, comprising a
processor, wherein the equaliser is implemented as a code
sequence executed on the processor.

11. A radio receiver according to claim 9, wherein the
equaliser comprises a normaliser for normalising the equal-
iser coefficients prior to using the equaliser coefficients to
equalise the received signal.

12. A radio receiver according to claim 9, wherein the
equaliser coefficients are calculated by combining the cross-
correlations and the auto-correlations to implement a Least
Squares (L.S) algorithm.

13. A computer program product according to claim 2,
wherein the equaliser coefficients are calculated by combin-
ing the cross-correlations and the auto-correlations to imple-
ment a Least Squares (LS) algorithm.

14. A computer program product according to claim 2,
further comprising normalising the equaliser coefficients
prior to using the equaliser coefficients to equalise the
received signal.

15. A computer program product according to claim 2,
wherein the data channel is code division multiplexed.

16. An equaliser according to claim 7, which comprises
normalising means for normalising the equaliser coefficients
prior to using the equaliser coefficients to equalise the
received signal.

17. A radio receiver according to claim 10, wherein the
calculation of equaliser coefficients comprises combining the
cross-correlations and the auto-correlations to implement a
Least Squares (LS) algorithm.

18. A radio receiver according to claim 11, wherein the
equaliser coefficients are calculated by combining the cross-
correlations and the auto-correlations to implement a Least
Squares (L.S) algorithm.

19. A computer program product according claim 1,
wherein the calculated LS equaliser coefficients are normal-
ized based on a function of the calculated LS equaliser coef-
ficients and the cross-correlations.

20. The computer program product according to claim 1,
wherein the receiver is a CDMA receiver.
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